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* NOTICES * 

JPO and INPIT are not responsible for any 
darrsages caused by the use of this translation. 

IThis document has been translated by computer. So the translation may not reflect 
the original precisely. 

2.5*'*** shows the word which can not be translated. 
3.1n the drawings, any words are not translated. 



CLAIMS 



[Claim(s)] 

[Claim 1]It is a method through a wireless communication network characterized by 
comprising the following used in communication of audio information between radio 
communication equipment and a remote communication device, and is one of said the 
communication apparatus. 

A step which provides audio information of digital format by an individual audio packet, 
and provides call control information on digital format by an individual control packet. 
A step which calls between said radio communication equipment and said remote 
communication device, and establishes connection. 

A step which transmits both said individual audio packet and said individual call 
control packet via single call connection. 

[Claim 2]A step at which a step which establishes said call connection transmits a 
notice to another side via the 1st connection from one side of said communication 
apparatus. A step which establishes said call connection between said devices, and a 
step which verifies discernment of said calling device, A step which control 
information following each of said communication apparatus tells that being 
exchanged via said call connection is, and a method according to claim 1 of including 
said 1st connection for a closed circuit or a step to postpone. 
[Claim 3]A method according to claim 2 containing a step which tells each of said 
communication apparatus about said thing [ that answer a closed circuit of single call 
connection, or an end of a communication session, and use of connection other than 
said single connection is resumed ]. 
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[Claim 4]A way according to claim 2 the contents of said notice, an audio packet, and 
the control packet include a language of WMLScript and WML, another XML base, or a 
HTML base. 

[Claim 5]A way according to any one of claims 2 to 4 said notice is transmitted via a 
low zone bearer service, and said call connection uses a broadband bearer service. 
[Claim 6]Said remote communication device is a messaging center which provides 
communications service of a voice base, and said method via the 1st connection, A 
step which transmits a notice of the availability of a message transmitted to this radio 
communication equipment from said messaging center to said radio communication 
equipment, A step which transmits a notice of an intention of said radio 
communication equipment of establishing connection for communication of a voice 
base to said messaging center from said radio communication equipment, A step to 
which said radio communication equipment and said messaging center establish said 
call connection. A step which verifies discernment of said communication apparatus, a 
step which control information following each of said communication apparatus tells 
that being exchanged via said established call connection is. and a method according 
to any one of claims 1 to 5 of including said 1st connection for a closed circuit or a 
step to postpone. 

[Claim 7]A method according to any one of claims 1 to 6 by which said individual audio 
packet and a control packet are transmitted using Internet Protocol via line switching 
call connection. 

[Claim 8]A method according to claim 7 by which said audio packet and a control 
packet are transmitted on Internet Protocol using protocol ITU-T H.323. 
[Claim 9]A way according to any one of claims 1 to 8 a step which provides audio 
information of said digital format by an individual audio packet contains a step which 
codes voice data using a coding mode which attains about 19k bps or a transmission 
rate not more than it. 

[Claim 10] A way according to claim 9 coding which uses said coding mode attains 
about 9.5k bps or a transmission rate not more than it. 
[Claim 1 1]Radio communication equipment comprising: 

A means to code audio information of digital format to an individual audio packet, and 
a means to generate an individual control packet of digital call control information. 
A means to call via an access node of a communication network and to establish 
connection. 

A means to transmit both said individual audio packet and said individual call control 
packet to a local access node via said call connection. 
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A means to receive an individual audio packet including audio information and an 
individual control packet including call control information from said network access 
node via said call connection, and a means to decode an audio information packet and 
a control information packet which were received. 

[Claim 12] A communication network which supports radio, comprising: 
[ are a messaging center which provides communications service of a voice base, and 
/ in a local cell ] said network, A means to code audio information of digital format to 
an individual audio packet in a thing containing an access node which transmits and 
receives a signal between radio communication equipments, and a means to generate 
an individual control packet of digital call control information. 

A means to establish call connection between said radio communication equipments 
in said messaging center and a network. 

A means to transmit said coded individual audio packet and an individual control 
packet to said radio communication equipment via said call connection. 
A means to receive an individual audio packet which is transmitted via said network 
from said radio communication equipment and including audio information, and an 
individual control packet including call control information. 

A means to decode an audio information packet and a control information packet 
which were received. 

[Claim 13]The messaging center comprising according to claim 12: 
A means which contains one or more menus of operation selectable to said radio 
communication equipment in a message content via a wireless communication 
network to transmit the 1 st message. 

A means to answer said 1st message, to answer reception of a message transmitted 
from said radio communication equipment, and to establish said call connection for 
offer of selection operation. 



[Translation done.] 
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[Detailed Description of the Invention] 

[0001] 

[Field of the Invention]This invention A wireless communication network (a mobile 
phone, communication concentration PDA, or computer that can be communicated), 
i.e., some communication apparatus. It is related with the communication of audio 
information in the network which has a radio link between network access nodes 
(generally called a base station in a cellular network). Each network access node 
transmits and receives information between local radio equipment. 
[0002] 

[Description of the Prior Art]Digital cellular networks, such as a wireless network 
where today progressed, especially a global-area system (GSM) for mobile 
communications, a code division multi-access (CDMA), a network, A user is provided 
with various bearer service (bearer service) which have the different feature and use 
cost. Although such networks differ in many respects, this invention is described 
about arbitrary networks, for example, GSM, applicable to those all therefore. 
[0003] GSM provides the time slot for both calls of control information and a user 
within 8 time slots per 1 radio-channel architecture, and this is modification of a Time 
Division Multiple Access (TDMA). In this situation, a channel is that clock frequency 
and the parameter which define the transmission line between terminals in specific 
clock frequency. Each time slot provides the nominal capacity of 22.8k bps, including 
required channel coding, in voice service, it becomes 13k bps of nominal value, and 
this is set to 12k bps by the fastest data service. The 12k bps data rate of this latter 
is reduced by 9600 bps of nominal value by use of the radio-link protocol which 
provides excessive data error correction. 

[0004]What is called a "control channel" (in GSM, it is not very another channel but is 
one of the eight time slots per channel) calls with mobile and a network, and for 
control. That is, when first, or entering in a network useful range and answering 
generation or a call in a call, it is used in order to register the effective existence on 
the user s network. [ a user ] [ a telephone ] Arbitrary preliminary control channel 
capacity is used for low-speed-data service. Two low speeds or narrow-band data 
service is known as SMS (short messaging service) or destructuring supplementary 
service data (USSD). SMS and USSD data service are low-speed packet data 
services as a matter of fact. When a network has the reserve capacity which can 
deliver a message, it is because a message may always be transmitted. Since a circuit 
is set up in an end point from a user, the sound and high-speed-data service which 
use all the time slots are known as a circuit switching service. An end point is another 
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telephone in a voice call. 

It is another computer in a data call. 

[0005]A user usually uses voice service without the specific knowledge and cautions 
about the complexity of service provision. They only use a keypad, and input a desired 
telephone number, the depression of the suitable advance key is only carried out, and 
a telephone and a network look at next trouble. Often the user cannot get the 
response to a call, but answers other users who left the message, and receives an 
SMS message from a network audio response system. More, these days, SMS, USSD, 
and equivalent service are used in order to deliver information, including traffic 
information etc., to the user who joins such service. However, when a user wants to 
transmit a message, in order that they may interface with SMS of a telephone, or 
USSD access. By having needed the computer or using a basic telephone function, 
the complicated keystroke sequence generated such a message and it had 
transmitted. When a user wants to use circuit-switched-data service, integration or a 
connection computer needs to treat data application. 

[0006]Although many data applications were developed and it has been used via GSM 
and other networks using communication and other communications of the Internet 
base, Internet Protocol (TCP/IP and UDP/IP) is growing into an industry standard. At 
present, these are widely different from optimum for this use. 
[0007]A radio application protocol (WAP) forum is an industry forum aiming at 
providing a highly efficient telephone and an information service for users of a mobile 
radio apparatus, such as a telephone, a pager, a smart phone, and a Personal Digital 
Assistant (PDA). A WAP forum creates a series of specifications for satisfying these 
purposes, and is tackling achievement and promotion of this plan. The fundamental 
concept of WAP provides service using the art of the Internet base. A user has a 
dialog with a telephone and relating service using a micro browser, and information is 
provided by a communications protocol similar to the Internet Protocol (IP) of the 
Internet, and a hyper-text transfer protocol (HTTP).WDP with a WAP protocol 
equivalent to UDP/IP of the Internet (radio datagram protocol). It is known as WSP 
(radio session protocol) similar to affirmation transmission, and WTP (radio 
transaction protocol) and HTTP which provide segmentation and reconstruction 
arbitrarily. 

[0008] Attestation is transmitted between a WAP client and a WAP proxy, and WTLS 
(radio transport layer security) for guaranteeing data transfer exists (a proxy is a 
server computer which acts as a medium between a client and a communication 
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network, and). A WAP proxy is a form unrelated to especially a network data 
communication protocol, and takes the responsibility of transmitting a data content. 
The communications protocol was designed act on an usable bearer service and 9600 
bps, or the high data rate c i rc u i t-s wit ched-data service not more than it in today's 
networks, such as narrow-band SMS and USSD data service. The contents are 
wireless markup language (WML) and the form of WMLScript, These, respectively The 
extended markup language (XML) of the Internet, It is based on a hyper-text markup 
language (HTML) and JavaScript (WML is both a subset of HTML, and Soe Passetto. 
and WMLScript(s) are a subset of JavaScript, and Soe Passetto). therefore, 
application and service are considered which bearer services, such as SMS, USSD. or 
a line switching, are used, for example — it does not come and may be provided by 
WML or WMLScript. The contents of WML are the form of 1 set (decks of cards) of 
card (namely, set of one or more the "cards" for which each accomplishes the piece 
specified thoroughly [ of WML, the contents of WMLScript, or a function ]). 
[0009]Although reference is made about WAP by hanging up an example, the following 
explanation of this invention may be adopted even if the same approach uses the 
application of the usual TCP/IP on an HTTP session or UDP/IP communication and 
HTML. XML. or a XMLScript base. 

[0010] Now, I will consider service of a highly efficient voice base of the voice mail 
service etc. which are provided with the DirectTalk products of IBM. If a voice 
message comes in a user's highly efficient voice message service, a message will be 
recorded and discernment of call people will be gained by a specific method unrelated 
to this argument (call circuit ID or speech recognition are two options for this 
discernment). Messaging service generates suitable WML which describes 
discernment of various call people and a call control option, and transmits it to a user 
at the time (pull (PULL) and mode) (push (PUSH) and mode) of a claim or un-asking. 
Transmission is performed via usable arbitrary bearer services for both a WAP client 
and a WAP proxy. A WAP proxy takes the responsibility of transmitting the contents 
to a user certainly efficiently safely. Use of SMS or USSD has an advantage. It is 
because they may be used and do not require the setup of a call in between [ while a 
circuit switched voice call is advancing ]. When a user answers this message with the 
call option which requires the setup of a voice call, the telephone of a WAP base has 
all the capability for establishing a call using WML and an internal support WAP library. 
The user can change the functions (a stop, a repetition, etc.) of the service demanded 
at any time using the micro browser interface of a telephone, and can transmit such a 
command via established SMS or USSD service again. 
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[001 l]In order to make a voice call while a user is running operational, The telephone 
corresponding to WAP is a DTMF function (a dual-tone-multi-frequency signal). The 
signal generated by carrying out the depression of the touch key of a telephone in a 
"touch-tone" telephone. Or it is required to realize an interface with other signaling 
level functions, and even if the availability is a network type used and a case where it 
obtains all of a sudden and network architecture provides it, it depends for it on the 
function provided dramatically. 

[0012]When SMS, USSD, or equivalent service is used in between [ while a voice call 
is advancing ] for signaling, a user makes payment to SMS or the equivalent service 
used for both services, i.e., voice call connection, and a control signal. 
[0013]U.S. Pat. No. 5799251 indicates the potential problem in a radiotelephone 
system. It is because the short data message to which a control channel top is 
transmitted between control signals can block a control channel, brings about 
interference of control signaling and affects voice traffic potentially. In this patent, the 
solution which reserves a radio channel specifically is proposed for transmission of a 
users data message, and this reserved channel acts like the 2nd control channel. The 
problems of this solution are exploitation of a network resource, and the relevant cost 
to a user. It is because a user demands an additional channel. 

[0014]U.S. Pat. No. 5790551 assigns an usable packet data traffic channel dynamically 
based on a channel vacant [ appointed time ] for transmission of the packet-ized data. 
In this way. the channel assigned dynamically is different from a data control channel. 
Therefore, the channel for exclusive use for data communications is not required, but 
enables more efficient and flexible use of an usable communications channel. 
[0015] 

[Problem(s) to be Solved by the InventionjTherefore, the purpose of this invention is 
to provide the method and device which provide the sound and data service through a 
wireless network of a simultaneous IP base. 
[0016] 

[Means for Solving the ProblemjAccording to one mode of this invention, a method 
used for communication of audio information through a wireless communication 
network between radio communication equipment and a remote communication 
device is provided. This method is provided with the following. 

A step which provides audio information of digital format by an individual audio packet, 
and provides call control information on digital format by an individual control packet 
in one of said the communication apparatus. 

A step which calls between radio communication equipment and a remote 
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communication device, and establishes connection. 

A step which transmits both an individual audio packet and an individual call control 
packet via said single call connection. 

[001 7]Transmission of audio information (a sound or synthetic voice data) and control 
information through single logical connection between terminals avoids the necessity 
that another connection is maintained through a call for control information, or the 
necessity that another connection is established within a call repeatedly. Through 
each call, this invention receives for [ of communication between communication 
apparatus ] all directions, and avoids the necessity of using two bearers. This reduces 
a user s call cost (it is because the necessity for two connection between a mobile 
device and a network access node is avoided especially), and increases network 
capacity usable for other users. Namely, by removing the necessity for concurrent use 
of an SMS or USSD low zone for transmitting control information for a call, a 
narrow-band bearer service, or another high-speed bearer. Capacity of a bearer is 
used for other SMS and USSD messaging service, and makes additional capacity 
usable for voice traffic and its related control. The necessity of assigning additional 
low-speed-data service capacity dynamically is reduced by reducing a demand to a 
bearer service of SMS or a USSD type for managing on-going control of service. 
[001 8] Net work resources fewer than the conventional solution are used, and also this 
invention has an additional advantage. When this invention is used [ 1st ], each call 
takes power of a battery of a telephone slowly. It is because only 1 connection is 
maintained after a setup of a call. In an example of this invention in which call control 
information is transmitted to the 2nd by a packet through line switching call 
connection, waiting time is shorter than waiting time of USSD or an SMS message, 
and can predict. Long waiting time of SMS is not accepted in interactive voice 
application. Although USSD is a high speed, it is because it has the waiting time which 
cannot be predicted for a long time than circuit switched connection. A guarantee of 
having waiting time with same voice data and control data is convenient in itself. It is 
because voice data stands by control information, so the necessity of being 
suspended is avoided. For example, when a user chooses 'postponement' to the 
following message, they wish to move to the following message without delay. 
[0019]This invention is contrary to general instruction of conventional technology. 
That is, in conventional technology, it has a channel for exclusive use or a time slot for 
voice data and control data, and a communications protocol optimized by each 
through time is used to each of these data types. If it puts in another way. 
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conventional technology will have focused on improving voice service within speech 
processing, optimization of a related transmission protocol, and restriction of valid 
data capacity of each channel architecture standard, without taking into consideration 
how cost of voice service is reduced. This can understand that valid data channel 
capacity for which accepting advanced voice quality and conflicting requirements, 
such as a comprehensive error correction, also needed a considerable development 
effort in the past takes an example. 

[0020]According to the suitable example of this invention, call connection following a 
step to establish a user of a calling device (for example, mobile phone). Access to a 
message center is required for use of interactive messaging service, and a check 
(contents pull) started by a notice of a push, a registered user, or a mobile device of a 
message new next continues. A step at which establishment of connection transmits 
an initial (passing SMS or USSD) notice to a call device (for example, messaging 
center) from a calling device suitably, A step which tells a calling device meaning, 
namely, establishing an interactive voice inclination session to a call device, and a 
step to which a call device and a calling device establish connection (probably after 
transmitting a positive acknowledge to call people) are included. On the occasion of 
establishment of this connection, and verification of discernment, a device tells that a 
channel new for transmission of control information which continues mutually is used. 
A simpler method of substitution containing the same step is similarly accepted 
except omitting an initial notice stage. 

[0021]Only call connection single for transmission of both voice data and call control 
information on-going [ related ] is required after a setup of connection. A voice data 
packet and a control packet are transmitted using a common transport protocol. This 
is a protocol based on the present WAP protocol by IP which uses WML or WMLScript 
as a data content form. A calling device shows the end of a session in the end of an 
interactive session, or connection is only stopped, and one of the actions of these is 
defined a priori as conditions for resumption of use of a common low zone bearer for a 
continuing notice and access. 

[0022]Although voice communication requires regular transmission of the contents, 
human being is tolerant to slight disorder of sounds, such as a click to which a little 
information is not transmitted, and 'hole'. Suitably, this invention transmits the 
contents of a voice, and control information via single circuit switched connection as 
an individual packet, and enables regular transmission by an overhead and complexity 
of a low degree. Same approach through a packet network requires control of a small 
quantity of an addition for regular transmission and competition including audio buffer 
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control, and attains recuperative strength of an error and packet loss. On the other 
hand, control information can be small and can fill a gap within buffer management 
time. 

[0023]A step to which this invention uses a sound (voice over IP) by IP' suitably, and 
this digitizes speech information, (Not being the conventional line switching protocol 
of a telephone network) A step which transmits it by an individual packet via a 
network is included using Internet Protocol (however, it is preferred to use circuit 
switched connection). However, this invention is not restricted to a specific example 
of a sound by IP', but contains arbitrary means to transmit a sound coded suitably via 
connection of IP base. 

[0024]In network architecture, such as GSM divided into two or more time slots, a 
communications channel. This invention provides almost all advantages, when 
combined with suitable coding of speech information which leaves reserve capacity in 
1 time slot, or when using a non-standard data transmission rate which provides 
reserve capacity so that a sound and control information may be provided within 
capacity of one time slot. 

[0025]A means to code audio information of digital format to an individual audio 
packet in the 2nd mode of this invention. A means to generate an individual control 
packet of digital call control information, A means to call via an access node of a 
communication network and to establish connection. A means to transmit both an 
individual audio packet and an individual control packet to a local access node via said 
call connection. A means to receive an individual audio packet including audio 
information and an individual control packet including call control information via said 
call connection from a network access node. Radio communication equipments (PDA 
etc. which has a mobile phone or a communication function) containing a means to 
decode an audio information packet and a control information packet which were 
received are provided. 

[0026] In a communication network which supports radio, the 3rd mode of this 
invention provides a messaging center which provides communications service of a 
voice base. A network is provided with the following. 

A means by which a messaging center codes audio information of digital format to an 
individual audio packet including an access node (or base station) which transmits and 
receives a signal between mobile phones in a local cell. 

A means to generate an individual control packet of digital call control information. 
A means to establish call connection between mobile phones in a messaging center 
and a network. 
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A means to transmit an individual audio packet and an individual control packet which 
were coded to a mobile phone via said call connection, A means to receive an 
individual audio packet including audio information transmitted from a mobile phone via 
a network, and an individual control packet including call control information, and a 
means to decode an audio information packet and a control information packet which 
were received. 

[002 7] A means by which a messaging center transmits suitably the 1st message that 
contains one or more menus of selectable operation in a message content to radio 
communication equipment via a wireless communication network, (Have user dialogs 
or it does not have them) The 1st message is answered, reception of a message 
transmitted from said radio communication equipment is answered, and a means to 
establish said call connection for offer of selection operation is included, therefore, a 
data content type (an E-mail.) with which a messaging center differs in a large number 
A sound, electronic commerce technology, and database lookup operation. In order to 
transmit together with a demand generated using a selectable menu transmitted as 
WML, WMLScript, or other equivalent languages. Unified messaging service can be 
provided and a response to such action is changed into phonetic form, for example 
using text-to-voice technology. 
[0028] 

[Embodiment of the Invention]The wireless communication network (namely, network 
including a radio link) according to conventional technology is shown in drawing 1 . It 
indicates that the mobile phone 10 communicates with the remote messaging center 
50 via the two different transmission lines 70 and 80. A telephone communicates with 
the network 30 via the network access node 20. A messaging center is an example of 
the remote communication device with which data is transmitted and received 
between there. When connection of a users telephone is impossible, voice services, 
such as voice mail record, are provided (for example, when the switch is off, it has 
appeared in another call or it is out of the range of a network access unit etc.). The 
communication between a mobile phone, a messaging center, or another 
communication apparatus. It is established in order to transmit control information in 
the form of SMS or a USSD warning message via a short-message service center 
(SMSC) or the destructuring supplementary service data center (USSDC) 40. Next, 
the 2nd connection through a different transmission line answers warning, and is 
established, and this is used for the communication of voice data between a mobile 
phone, a messaging service compartment, or another communication apparatus. The 
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communication with messaging service passes the conventional interworking function 
(IWF) 60 which bears conversion between the data transport protocols of a fixed-line 
telephone circuit and radio. This 1st connection is used for the transmission which it 
is used as a warning message which carries out the trigger of the establishment of the 
2nd connection for transmission of voice data, and also call control information follows. 
The WAP communication environment 90 provides control data access to various 
bearers containing SMS, USSD, etc. The conventional voice access (for example. 
PSTN or ISDN) is used for access usual [ to messaging service ]. 
[0029]This conventional composition has the problem that two separate connection 
must be maintained through a call, also when spare capacity exists on each 
connection even if. Generally a user will be asked for this exploitation of a network 
resource. 

[0030] Drawing 2 shows a suitable communication network to realize the example of 
this invention. There, the 1st control route 170 is used for transmission of the warning 
through a short messaging service center (SMSC) or the destructuring supplementary 
service data center (USSDC) 130 between the mobile phone 100 and the messaging 
center 140. After initial warning was received, or after SMS or a USSD response 
message is returned, another call connection 1 80 through a remote-access server or 
the gateway 190 (after-mentioned) is established between a mobile phone and a 
messaging center. It is assumed that a messaging center has the suitable 
data-communications environment for transmission of the menu for controlling the 
option which manages a notice and a message, etc., and this is assumed to be a WAP 
base. 

[0031] The connection which all the continuing session control information and voice 
data were transmitted via this connection after establishing this separate connection, 
and was used for transmission of warning is not required any longer, (of course, when 
call connection is completed between calls, new connection needs to be established 
and channels may differ on the occasion of re connection.) For example, a mobile 
phone may be moved to the new cell of a cellular network, however, this should 
produce any problems, when new connection is accompanied by the new notice of 
discernment (IP address) of a mobile phone — it does not come out. 
[0032]Transmission of the sound and control data through single connection includes 
processing (digitization, coding including compression, and packet-izing of audio data) 
of an audio signal so that a sound and control data may be transmitted via a common 
communications protocol. The substitution of the initial control channel by a single 
sound and control connection establishes voice connection, and is notified to both 
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communication apparatus as a part of process of ending initial control connection. 
[0033] Once a mobile phone and the main dialogs between messaging centers are no 
longer required, a call will be stopped and all the continuing control will be returned to 
the initial control course 1 70. 

[0034]The role of various components of the communication network which realizes 
this invention according to a suitable example is as follows. 
[0035]Remote-access server: Provide a mobile phone with access to an IP 
connection. A remote-access server is not concerned with whether actual 
communication uses the bearer or line switching type bearer of a packet basis, but, 
thereby, provides the route between mobile phones with a move network. A 
remote-access server permits only approved access by assigning IP addresses of 
other IP mechanisms, such as an IP address of a client, and the Internet symbolic 
name analytical service, and providing authentication service further. 
[0036]Short messaging service center Provide the message interchange service for 
the short-message service provided by GSM and the network of other many. Thereby, 
some short messages [ 150 bytes of ] are certainly transmitted between a mobile 
phone and a mobile phone or between the defined fixed positions. It is because SMS 
has a store-a n d-f orward-s witc h i ng mechanism of an option used when not usable in a 
mobile phone or a fixing device, or when the present reserve capacity for receiving 
SMS does not exist. 

[003 7] The message interchange service similar to being provided by USSDCiSMSC 
for SMS for CUSSD is provided. However, transmission it is unreliable and simpler 
[ the character of USSD which does not have a store-and-forward-switching 
function ] than SMS, and high-speed is enabled. 

[0038]Messaging center: Service environment including voice message accumulation 
is included as the minimum, and the whole unification message environment may be 
included in a more complicated example. From a mobile phone and other suitable 
calling devices, in order to access this messaging center, a telecommunications 
access is required. Although this is based on a telephone or an ISDN circuit, it uses 
the packet-ized above-mentioned coded voice in this case, and usually uses IP as a 
communications protocol for transmitting an audio packet. A messaging center needs 
the control facility of the WAP communication environment 150, or the conventional 
TCP/IP and the HTML environment again. This provides the notice of user dialogs 
with the messaging service provided, and a management tool. For example, it is 
reported old and new which message a user has or the message from whom it has. 
Options, such as movement, elimination, storage, and postponement, and the basic 
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control of other many, and also an arbitrary target are provided with the more 
complicated function of voice-text conversion, fax, etc. to the next to hear. Although 
the WAP gateway for the protocol processing of SMSC is shown as an integrated 
element of a messaging center, it may be in the exterior of a messaging center. 
[0039] Drawing 2 shows that a network structure base is not changed, when 
performing again conversion between a network specific protocol and the protocol 
generally expected in the exterior of a move network, for example, PSTN or ISDN etc.. 
using the existing interworking function. Including an IP voice packet-ized protocol 
required since further more general-purpose voice service is provided mobile, the 
modification IWF function 200 removes the conventional voice coding by that cause, 
and it for example, IP voice type service replaces through many bearer service 
options, such as the conventional line switching type bearer or a high-speed 
general-purpose radio packet bearer. 

[0040]According to the suitable example of this invention, calling devices, such as a 
messaging center, provide a means to perform an initial (passing SMS or USSD) notice. 
Following it. call people and a call device set up a call, and control information voice 
data traffic and on-going [ related ] is processed by single call. Therefore, a user will 
demand only a single call and a network will have more usable SMS and USSD 
capacity for other users and service. If it sees from the user side, service use cost will 
turn into only cost of a voice call of the period when the voice service which is an 
advanced type is used. For an operator, the improved performance which is provided 
by this invention. While raising a customers degree of satisfaction, reduction of SMS 
in such a period or USSD traffic reduces a profit, when the bearer service is not 
refunded by service cost and paid, but. A good response is stilt generated to the user 
who is using service within a network cell. This brings other users profits and avoids 
potentially the cost which adds an additional channel or SMS for exclusive use, and 
USSD capacity. These additions make cost only increase, without necessarily being 
accompanied by a profit. 

[0041 ]The latest development in a sound and Internet technique brought about the 
function to manage transmission of the information on a voice base, by use of 
communication of an Internet Protocol base. This transmits the speech information of 
digital format by an individual packet not using the conventional line switching 
protocol of a telephone network. Services (GPRS developed by GMS. a CDMA packet, 
or UMTS packet) of the arbitrary packet bases which are appearing may be used. 
[0042]The specific mechanism (below, referred to as VoIP') for transmission of the 
voice data based on IP according to the distinguished services of the main device 



14 



Publication JP 2000-236353 



providers containing Cisco, VocalTec, 3Com, and Netspeak. It was drawn from the 
VoIP forum' and use of communications protocol standard ITU-TH.323 was promoted. 
It is changing with a standard for this standard to transmit an audio and video on the 
public Internet and in intranet using IP. Said forum also promotes use of the 
touch-tone signal for use of a directory service standard for a user to trace other 
users, automatic calling distribution, and voice mail again. 

[0043] In addition to IP, VoIP uses the real-time protocol (RTP) which supports 
guaranteeing that a packet is transmitted to a golden opportunity. If a public network 
is used, it is difficult to guarantee a quality of service (QOS) now. Better service is 
possible if the exclusive network managed by a company or the 
Internet-based-phone-services provider (ITSP) is used. 

[0044]In order to support the guarantee of high-speed packet transfer, the art used 
by at least one apparatus maker (Netspeak), Before carrying out ping (ping) of all the 
possible network gateway computers which have access to a public network and 
establishing TCP socket connection with other terminals, it is choosing the 
high-speed course. 

[0045]A company arranges to a gateway "VoIP devices (AS5300 access server etc. of 
Cisco which has a VoIP function)" using VoIP. A gateway receives the voice 
transmission packetHzed from the user in a company. They are routed into other 
sections of intranet (a local area network or a wide area network), or they are 
transmitted via Public Switched Telephone Networks (PSTN) using T~1 or E-1 
interface. 

[0046]In VoIP, speech information is sampled after suitable filtering. Most generally, it 
is 8K sample / second by an 8 bits (or more than it) sample, and is set to not less than 
64k bps after all. The voice quality of this level is in agreement with the standard of 
the telecommunication industry which usually uses BK sample / second in 8 bits / 
sample. The continuing coding in GSM brings about the transmission data rate of 6.5k 
bps to the coding and decoding which were proposed to the full rate sound 13k bps or 
less or recently [ audio ], and the latter attains the voice service of the transmission 
rate of the half which has acceptable voice quality. By frame-izing this within the IP 
packet of moderate size, and harmonizing ******** which probably uses the small 
packet of 64 bytes / packet, or 128 bytes / packet, By minimizing an audio loss and 
recovery and permitting an overhead with the tendency which uses a bigger packet, A 
half-rate sound (the full rate sound (about 16k bps thru/or about 19k bps) which has a 
packet of 64 bytes thru/or 128 bytes of data or 8k bps thru/or 9.5k bps) is generated. 
[0047]Since standard full rate GSM voice coding and decoding have a too much high 
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data rate, they cannot be stuffed into the present 9600-bps data call. However. IP 
coding full rate sound may be taken into consideration by the increase in the basic 
data speed of GSM. However, the option which uses half-rate voice codec with a not 
less than 9600-bps data circuit provides sufficient preliminary data capacity to enable 
low bandwidth data applications, such as WAP advanced type service, to live together 
within the same IP communication line. This will be more easily attained by existence 
of the natural silent period in a sound, and it will depend for it on the existence to 
some extent. 

[0048]As mentioned above, the protocol H.323 was established for transmission of 
service of an IP voice base. In the case of other mobile networks which use 
connection of GSM or point-to-pointHine exchange call base form, it is absolutely 
[ because of an IP voice ] more complicated than a required thing, but. It is further 
related by the case where GPRS (general packet radio service) of GSM is taken into 
consideration, therefore this is one option for realization of packetized voice 
transmission of this invention. 

[0049]Therefore, in the advanced voice messaging service used as mentioned above, 
a problem is solved as follows. 

[0050] For a certain reason, the mobile phone user was not able to receive receipt. 
This was because a telephone was not in use. for example, the power supply was not 
off or it was not in the network useful range by one of many the reasons. A messaging 
center generates push warning to a user in WML deck form, and this is transmitted to 
a user via the WAP proxy 150 using an usable default bearer service (for example. 
UDDS). If the contents of USSD are received, a telephone will display it via a micro 
browser user interface. It is determined whether a user postpones this notice or any 
actions are taken to it. In the case of the latter, a user chooses hearing a message. By 
choosing action of "hearing a message", a telephone transmits a response to 
messaging service via a WAP proxy arbitrarily, It orders to establish the data call to a 
remote-access server (RAS) gateway to a telephone, and, thereby, IP access is given 
to both a WAP proxy and messaging service. A LISTEN command is transmitted, if a 
message is transmitted to messaging service, the message is before transmitted when 
establishing the IP connection through a RAS gateway, new discernment is 
established and the message is not transmitted before. The messaging service can 
start offer of an IP voice after setting up all the discernment and commands. A user 
may be interrupted at a certain time by new command etc. via IP data connection to 
the messaging center through a WAP proxy. By transmitting the message of the one 
last to a WAP proxy, a client eliminates present temporary RAS discernment, resumes 
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default connection, and can cut the call to a RAS gateway in the end of a session. 
[0051 ]In order to explain the ease by which this invention may be realized, a series of 
change accomplished to the component in connection with the service provision of 
the WAP base on GSM will be described below. 

[0052]The mobile phone can attain the required raw data rate supported by this 
method in the usable connection bit rate by using the existing voice processing 
functions for both transmission and reception (voice coding and decoding). A mobile 
phone needs the following function further. 

1 . Add to arbitrary SMS for the WAP environment or the USSD support demanded for 
a basic service function, and it is establishment of an Internet Protocol 
communication function (for example, UDP/IP) and data protocol connection of a PPP 
base. This does not increase the functional requirement to a telephone in many cases. 
It is because the WAP environment uses IP even to a basic service when not usable in 
SMS or USSD as opposed to a part of services which require a lot of data of "Oba the 
exhaust air programming" etc. ideal, for example. 

2. Function which packet-izes coding data to IP packet for transmission through 
connection. It is necessary to receive a packetized voice and to transmit this to the 
voice decoding circuit of a telephone for receipt information. 

3. Function which multiplexes sound and data control packet, although this should be 
the usual IP function, ideally, buffering of a packetized voice is provided, in order that 
the sound sampled by the synchronous method (regularly) may make possible the near 
thing transmitted in the future (it is a nominal rate — however, a synchronous method 
— not but) through a network. 

[0053] Even in a messaging center or a separate gateway, the WAP communication 
function does not require any change. The function which resumes connection on a 
different bearer is because it already defines. 

[0054]A messaging center does not require change of the control operation except 
the support of WAP. The support of WAP is not usually concerned with whether this 
invention is realized, but is required. However, a messaging center requires the same 
function as a telephone, in order to code, decode, buffer and manage packet-ization of 
the voice traffic by IP. 

[0055]A WAP proxy is provided with the function (this fills the demand of WAP 
specification) which supports the renewal of discernment / change, a messaging 
center and a RAS gateway — and suitably. Although importance is low, routing 
between WAP proxies requires sufficient capacity for avoiding congestion, when the 
sound by the IP protocol used via a move link does not have perfect functions of 
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H.323, such as buffering, for example. 

[0056]It was assumed that the Internet principle by which the port number was 
established is used through an above-mentioned example in order to identify 
application, i.e., 'the sound by IP'. Therefore, an explicit service identification bit is not 
required. However, this invention recognizes that other useful information, including a 
silent period, an encoding algorithm, etc., can be transmitted, in order that the 
signaling bit in the IP packet which transmits coding and the packet-ized sound may 
maximize the option and performance by usable bearer capacity. 
[0057]Although the alternate method which solves the cost problem about two or 
more dedicated channels also exists, each has a problem. 

[0058]It is possible to use DTMF signaling for the 1st within an audio band. Although 
simple selection is made in this way and it is managed certainly, a complicated 
message or WML message may be very inefficient-like. In some networks, signaling 
under call of DTMF etc. is attained by using USSD together with restoration within a 
network, therefore what profits do not have it, either, and complexity of one potential 
problem only increases. As mentioned above, it depends for such a feature on a 
network type and deployment. 

[0059]A call is divided [ 2nd ] into two portions, one is the conventional voice call, and 
others are the data calls for transfer of control information purely. Although a sound 
or a data call is used and each has the communication form of those KASUTAMU, and 
a protocol always, it is only one at a time. Although it reduces a user's cost, even if 
this is the same in the case where the channel number demanded at a certain time is 
this invention, it will be more complicated than this invention and will impose more 
demands on network structure base resources. Whether a user is burdened with a fee 
to one or two calls is the selection which a network service provides. Although the 
mechanism aiming at supporting such a simultaneous sound or a data call is appearing, 
the network machinery demanded is complicated and all networks do not have this 
mechanism. 

[0060] It was said that the initial notice through a narrow-band bearer was used for 
this invention, and then a broadband bearer was used for it for IP voice service and 
on-going control. Although another technique which uses only service of a packet 
basis is also possible, these are the cost of a bearer, the power consumption of a 
battery, and a point of network availability, and are not so preferred. A RAS server 
does not use a line switching call, but the solution which uses service of a packet 
basis requires that an equivalent for communication or it of IP base should be ended 
from a network structure base. 
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[0061] As a conclusion, the following matters are indicated about the composition of 
this invention. 

[0062](1) In [ are a method through a wireless communication network used in 
communication of the audio information between radio communication equipment and 
a remote communication device, and ] one of said the communication apparatus, The 
step which provides the audio information of digital format by an individual audio 
packet, and provides the call control information on digital format by an individual 
control packet, A method containing the step which calls between said radio 
communication equipment and said remote communication device, and establishes 
connection, and the step which transmits both said individual audio packet and said 
individual call control packet via single call connection. 

(2) The step at which the step which establishes said call connection transmits a 
notice to another side via the 1st connection from one side of said communication 
apparatus, The step which establishes said call connection between said devices, and 
the step which verifies discernment of said calling device. The method of the 
aforementioned (1) statement which includes the step which the control information 
following each of said communication apparatus tells that being exchanged via said 
call connection is, and said 1st connection for a closed circuit or the step to postpone. 

(3) said — a communication apparatus — each — said — being single • — a call — 
connection — a closed circuit — or — a communication session — an end — 
answering — said — being single — connection — except — connection — use — 
resuming — having — things — telling about — a step — containing — the above — 
( — two — ) — a statement — a method . 

(4) The method of the aforementioned (2) statement that the contents of said notice, 
an audio packet, and the control packet include the language of WMLScript and WML, 
another XML base, or a HTML base. 

(5) A method given in the above (2) thru/or either of (4) for which said notice is 
transmitted via a low zone bearer service, and said call connection uses a broadband 
bearer service. 

Said remote communication device is a messaging center which provides the 
communications service of a voice base, and said method (6) Via the 1st connection. 
The step which transmits the notice of the availability of the message transmitted to 
this radio communication equipment from said messaging center to said radio 
communication equipment. The step which transmits the notice of the intention of 
said radio communication equipment of establishing the connection for 
communication of a voice base to said messaging center from said radio 
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communication equipment. The step to which said radio communication equipment 
and said messaging center establish said call connection, A method given in the above 

(I) thru/or either of (5) which includes the step which verifies discernment of said 
communication apparatus, the step which the control information following each of 
said communication apparatus tells that being exchanged via said established call 
connection is, and said 1 st connection for a closed circuit or the step to postpone. 

(7) A method given in the above (1) thru/or either of (6) to which said individual audio 
packet and a control packet are transmitted using Internet Protocol via line switching 
call connection. 

(8) The method of the aforementioned (7) statement that said audio packet and a 
control packet are transmitted on Internet Protocol using protocol ITU-T H.323. 

(9) A method given in the above (1) thru/or either of (8) in which the step which 
provides the audio information of said digital format by an individual audio packet 
contains the step which codes voice data using the coding mode which attains about 
1 9k bps or the transmission rate not more than it. 

(10) The method of the aforementioned (9) statement that the coding which uses said 
coding mode attains about 9.5k bps or the transmission rate not more than it. 

(II) A means to code the audio information of digital format to an individual audio 
packet, and a means to generate the individual control packet of digital call control 
information, A means to call via the access node of a communication network and to 
establish connection. A means to transmit both said individual audio packet and said 
individual call control packet to a local access node via said call connection. A means 
to receive an individual audio packet including audio information and an individual 
control packet including call control information from said network access node via 
said call connection, Radio communication equipment containing a means to decode 
the audio information packet and control information packet which were received. 
(12) [ in the communication network which supports radio, are a messaging center 
which provides the communications service of a voice base, and / in a local cell ] said 
network. In the thing containing the access node which transmits and receives a signal 
between radio communication equipments. A means to code the audio information of 
digital format to an individual audio packet, and a means to generate the individual 
control packet of digital call control information. Between said radio communication 
equipments in said messaging center and a network, A means to establish call 
connection, and a means to transmit said coded individual audio packet and an 
individual control packet to said radio communication equipment via said call 
connection. A means to receive the individual audio packet which is transmitted via 
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said network from said radio communication equipment and including audio 
information, and an individual control packet including call control information, The 
messaging center containing a means to decode the audio information packet and 
control information packet which were received. 

(13) A means which contains one or more menus of operation selectable to said radio 
communication equipment in a message content via a wireless communication 
network to transmit the 1st message, The messaging center of the aforementioned 
(12) statement which answers said 1st message, answers reception of the message 
transmitted from said radio communication equipment, and contains a means to 
establish said call connection for offer of selection operation. 



[Translation done.] 
DESCRIPTION OF DRAWINGS 



[Brief Description of the Drawings] 

[Drawing 1] It is a schematic diagram of the data communication network according to 
conventional technology. 

[Drawing 2] It is a schematic diagram of the data communication network which 

realizes this invention according to a suitable example. 

[Description of Notations] 

10 and 100 Mobile phone 

20 and 1 1 0 Network access node 

30 Network 

40, a 130 short-message service center (SMSC), or destructuring supplementary 

service data center (USSDC) 

50 Interworking function (IWF) 

70, 80, 170, and 180 Transmission line 

90 WAP communication environment 

140 Messaging center 

150 WAP communication environment 

170 Initial control course 

180 Call connection 
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1 90 A remote-access server or a gateway 
200 Modification IWF function 



[Translation done.] 



